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DETAILED ACTION 
Response to Arguments 

1 . Applicant's arguments, see amendment, filed 9/7/2004, with respect to the 
rejection(s)of claim(s) 1-55 under U.S.C 103(a) have been fully considered and are 
persuasive. Therefore, the rejection has been withdrawn. However, upon further 
consideration, a new ground(s) of rejection is made in view of Haimi-Cohen (US 
6374221) and Handel et al. (US 6324502). 

Claim Rejections - 35 USC § 102 

2. The following is a quotation of the appropriate paragraphs of 35 U.S.C. 1 02 that 
form the basis for the rejections under this section made in this Office action: 

A person shall be entitled to a patent unless - (e) the invention was described in (1) an application for 
patent, published under section 122(b), by another filed in the United States before the invention by 
the applicant for patent or (2) a patent granted on an application for patent by another filed in the 
United States before the invention by the applicant for patent, except that an international application 
filed under the treaty defined in section 351 (a) shall have the effects for purposes of this subsection of 
an application filed in the United States only if the international application designated the United 
States and was published under Article 21(2) of such treaty in the English language. 

3. Claims 49-53 and 75-76 are rejected under 35 U.S.C. 102(e) as being 
anticipated Haimi-Cohen (US 6374221 ). 

4. Regarding claims 50-53 and 76, Haimi-Cohen disclose an audio comparison 
apparatus comprising: a memory for storing a predetermined function which gives, for a 
given set of audio signal values, a probability density for parameters of a predetermined 
audio model which is assumed to have generated the set of audio signal values, the 
probability density defining, for a given set of model parameter values, the probability 
that the predetermined audio model has those parameter values, given that the model is 
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assumed to have generated the set of audio signal values (col. 7, line 32 to col. 8, line 
20); means for receiving a set of audio signal values representative of an input audio 
signal (input of element 51 in figure 5); means for applying the set of received audio 
signal values to said stored function to give the probability density for said model 
parameters for the set of received audio signal values (col. 7, line 32 to col. 8, line 20, 
received signal is applied to a stored function to derive HMM, wherein each state of the 
HMM is represented by probabilistic distribution)] means for processing said function, 
with said set of received audio signal values applied, to derive samples of parameter 
values from said probability density (col. 7, line 32 to col. 8, line 20, received signal is 
applied to a stored function to derive HMM, wherein each state of the HMM is 
represented by probabilistic distribution); means for analyzing at least some of said 
derived samples of parameter values to determine parameter values that are 
representative of the set of received audio signal values (col. 7, line 32 to col. 8, line 20, 
received signal is applied to a stored function to derive HMM, wherein each state of the 
HMM is represented by probabilistic distribution)] and means for comparing said 
determined parameter values with pre-stored parameter values to generate a 
comparison result (element 53 of figure 5). 

5. Regarding claims 49 and 75, Haimi-Cohen disclose an apparatus for determining 
sets of parameter values representative of an input speech signal, the apparatus 
comprising: means for receiving a plurality of speech signal values representative of an 
input speech signal (input of feature extractor 51 in figure 5); means for dividing the 
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plurality of speech signal values into a succession of groups of speech signal values 
(col. 7, lines 4-20, Frames)] and means for processing the speech signal values in each 
group to determine a set of parameter values representative of the speech signal values 
in the group {feature extractors 51 in figure 5); wherein said processing means 
comprises: a memory for storing data defining a predetermined function which gives, for 
a set of speech signal values of a group, a probability density for parameters of a 
predetermined signal model which is assumed to have generated the speech signal 
values in the group, the probability density defining, for a given set of parameter values, 
the probability that the predetermined signal model has those parameter values, given 
that the model is assumed to have generated the speech signal values in the group (coA 
7, line 32 to col. 8, line 20, received signal is applied to a stored function to derive HMM, 
wherein each state of the HMM is represented by probabilistic distribution)] means for 
applying the set of speech signal values of a current group to said stored function to 
give the probability density for said model parameters for the current group (coA 7, line 
32 to col. 8, line 20, received signal is applied to a stored function to derive HMM, 
wherein each state of the HMM is represented by probabilistic distribution)] means for 
processing said function to derive samples of parameter values from said probability 
density for the current group (coA 7, line 32 to col. 8, line 20, received signal is applied 
to a stored function to derive HMM, wherein each state of the HMM is represented by 
probabilistic distribution)] means for evaluating said probability density for the current 
group using one or more of said derived samples of parameter values for different 
numbers of parameter values to determine respective probabilities that the 
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predetermined signal model has those parameter values (col. 8, lines 21-50, comparing 
with the stored models, represented by HMM, to determine if there is a match)] and 
means for processing at least some of said derived samples of parameter values and 
said evaluated probabilities to determine model parameters that are representative of 
the set of signal values in the current group (coL 8, lines 1-50, comparing with the 
stored models, represented by HMM, to determine if there is a match). 

6. Claims 1, 11-19, 46, 48, 56, 61-65, 72, and 74 are rejected under 35 
U.S.C. 102(e) as being anticipated by Handel et al. (US 6324502). 

7. Regarding claims 1 and 56, Handel et al. disclose a speech processing 
apparatus comprising: means for receiving a set of speech signal values representative 
of a speech signal generated by a speech source as distorted by a transmission 
channel between the speech source and the receiving means (elements 20-22 in figure 
1)\ a memory for storing data defining a predetermined function derived from a 
predetermined signal model which includes a first part having first parameters which 
models said source and a second part having second parameters which models said 
channel and said function being in terms of said first and second parameters and in 
terms of a set of speech signal values (Elements 18 and 22 in figure 1)\ means for 
applying said set of received signal values to said stored function (the operation of 
figure 1, the received signal is passed through elements 18 and 22 for estimating signal 
parameters)] and means for processing said function with those values applied to obtain 
values of said first parameters that are representative of said speech generated by said 
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speech source before it was distorted by said transmission channel (the operation of 
figure 1, the clean speech signal is output at the end representing the speech signal 
before distorted by the microphone and the transmission channel). 

8. Regarding claims 46 and 72, Handel et al. disclose a speech processing 
apparatus comprising: means for receiving a set of signal values representative of a 
speech signal generated by a speech source as distorted by a transmission channel 
between the speech source and the receiving means (elements 20-22 in figure f ); a 
memory for storing data defining a predetermined function derived from a 
predetermined signal model which includes a first part having first parameters which 
models said source and a second part having second parameters which models said 
channel, said function being in terms of said first and second parameters and being in 
terms of a set of raw speech signal values representative of speech generated by said 
source before being distorted by said transmission channel (elements 34 in figures 1 
andAR estimates for noise and speech 18 and 22)\ means for processing said 
received set of signal values with initial estimates of said first and second parameters, 
to generate an estimate of the raw speech signal values corresponding to the received 
set of signal values (elements 20, 30 and 32 in figure 1)\ means for applying said set of 
received signal values and the estimated set of raw speech signal values to said 
function (element 34 in figure 1 received raw speech signal values and the estimated 
speech signal values); means for processing said function with those values applied to 
obtain values of said first parameters that are representative of said speech signal 
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generated by said speech source before it was distorted by said transmission channel 
(output ofKalman filter 34 in figure 1). 

9. Regarding claims 48 and 74, Handel et al. disclose an apparatus for determining 
sets of parameter values representative of an input speech signal, the apparatus 
comprising: means for receiving a plurality of speech signal values representative of an 
input speech signal (elements 20-22 in figure 1)\ means for dividing the plurality of 
speech signal values into a succession of groups of speech signal values (coL 2, lines 
56-67, audio frames): and means for processing the speech signal values in each 
group, to determine a set of parameter values representative of the speech signal 
values in each group (Output of element 18 in figure 1)\ wherein said determining 
means comprises means for varying the number of parameter values used to represent 
the speech signal values in each group (Output of elements 20 and/or 30 in figure 1). 

10. Regarding claims 1 1 and 61 , Handel et al. further disclose an apparatus, wherein 
said function is in terms of a set of raw speech signal values representative of speech 
generated by said source before being distorted by said transmission channel (output of 
element 32 is used to control the Kalman Filter), wherein the apparatus further 
comprises second processing means for processing the received set of signal values 
with initial estimates of said first and second parameters, to generate an estimate of the 
raw speech signal values corresponding to the received set of signal values (elements 
20, 26, and 30 in figure 1) and wherein said applying means is operable to apply said 
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estimated set of raw speech signal values to said function in addition to said set of 
received signal values (element 34 in figure t). 

1 1 . Regarding claims 12-13, Handel et al. further disclose an apparatus according to 
claim 11, wherein said second processing means comprises a simulation smoother 
(element 32 in figure and a Kalman filter (element 34 in figure 1), 

12. Regarding claims 14-17 and 62-64, Handel et al. further disclose an apparatus, 
wherein said receiving means is operable to receive a sequence of sets of signal values 
representative of a speech signal generated by a speech source as distorted by said 
transmission channel (microphone 10 in figure 1) and wherein said processing means is 
operable to obtain values of said first parameters for the speech within each set of 
signal values in said sequence (elements 20 and 30-34 in figure f), and wherein said 
processing means is operable to use the values of said first parameters obtained during 
the processing of a preceding set of signal values as initial estimates for the values of 
said first parameters for a current set of signal values being processed (coL 6, lines 30- 
39), and wherein said sets of signal values in said sequence are non-overlapping (coL 
2, lines 56-67), and wherein said processing means comprises means for varying the 
number of parameter values used to represent the speech signal within each set of 
signal values (elements 20 and 26 in figure 1). 
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13. Regarding claims 18-19 and 65, Handel et al. further disclose an apparatus, 
wherein said first part is an auto-regressive model and said first parameters comprise 
auto-regressive model coefficients (element 18 in figure f ), and wherein said second 
part is a moving average model and said second parameters comprise moving average 
model coefficients (col. 6, lines 1-11). 

Claim Rejections - 35 USC § 103 

14. The following is a quotation of 35 U.S.C. 103(a) which forms the basis for all 
obviousness rejections set forth in this Office action: 

(a) A patent may not be obtained though the invention is not identically disclosed or described as set 
forth in section 102 of this title, if the differences between the subject matter sought to be patented and 
the prior art are such that the subject matter as a whole would have been obvious at the time the 
invention was made to a person having ordinary skill in the art to which said subject matter pertains. 
Patentability shall not be negatived by the manner in which the invention was made. 

15. Claims 2, 4-8, 23-24, 26-30, 33-45, 47, 57, 59, 66, 70-71 , and 73 are rejected 
under 35 U.S.C. 103(a) as being unpatentable over Handel et al. (US 6324502) in view 
of Higgins et al. (US 6266633). 

16. Regarding claims 23, 45, and 70-71, Handel et al. disclose a speech processing 
method comprising the steps of: receiving a set of signal values representative of a 
speech signal generated by a speech source as modified by a transmission channel 
between the speech source and the receiver (elements 20-22 in figure 1)\ storing data 
defining a predetermined function derived from a predetermined signal model which 
includes a first part having first parameters which models said source and a second part 
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having second parameters which models said channel, said function being in terms of 
said first and second parameters (Elements 18 and 22 in figure 1)\ applying said set of 
received signal values to said function (the operation of figure 1, the received signal is 
passed through elements 18 and 22 for estimating signal parameters)] means for 
analyzing at least some of said derived samples to determine values of said first 
parameters that are representative of said speech signal generated by said source 
before it was modified by said transmission channel (element 34 in figure 1). 

Handel et al. fail to specifically disclose the step of generating, for a given set of 
signal values, a probability density function which defines, for a given set of first 
parameters and second parameters, the probability that the predetermined signal model 
has those parameter values, given that the signal model is assumed to have generated 
the received set of signal values; and processing said function with those values applied 
to derive samples of at least said first parameters from said probability density function. 

However, Higgins et al. teach the step of generating, for a given set of signal 
values, a probability density function which defines, for a given set of first parameters 
and second parameters, the probability that the predetermined signal model has those 
parameter values, given that the signal model is assumed to have generated the 
received set of signal values (col. 1, lines 7-67); and processing said function with those 
values applied to derive samples of at least said first parameters from said probability 
density function (coL 1, lines f-67). 

Since Handel et al. and Higgins et al. are analogous art because they are from 
the same field of endeavor, it would have been obvious to one of ordinary skill in the art 
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at the time of invention to modify Handel et al. by incorporating the teaching of Higgins 
et al. in order to enhance speech signal for subsequent processing. 

17. Regarding claims 47 and 73, Handel et al. disclose a speech processing 
apparatus comprising: means for receiving a set of signal values representative of a 
speech signal generated by a speech source as modified by a transmission channel 
between the signal source and the receiving means (elements 20-22 in figure 1)\a 
memory for storing data defining a predetermined function derived from a 
predetermined signal model which includes a first part having first parameters which 
models said source and a second part having second parameters which models said 
channel, said function being in terms of said first and second parameters and being in 
terms of a set of raw speech signal values representative of a speech signal generated 
by said source before being modified by said transmission channel (elements 18 and 22 
in figure 1)\ means for processing said received set of signal values with initial estimates 
of said first and second parameters, to generate an estimate of said set of raw speech 
signal values corresponding to the received set of signal values (elements 18 and 22 in 
figure 1 and col. 8, lines 1-25)\ means for applying said set of received signal values 
and the estimated set of raw speech signal values to said function (Kalman filter 34 
receive raw speech signal and estimated values)] and means for analyzing at least 
some of said derived samples to determine values of said first parameters that are 
representative of said speech signal generated by said speech source before it was 
modified by said transmission channel (output of filter 34 is a clean speech signal). 
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Handel et al. fail to specifically disclose the step of generating, for a given set of 
signal values, a probability density function which defines, for a given set of first 
parameters and second parameters, the probability that the predetermined signal model 
has those parameter values, given that the signal model is assumed to have generated 
the received set of signal values; and processing said function with those values applied 
to derive samples of at least said first parameters from said probability density function. 

However, Higgins et al. teach the step of generating, for a given set of signal 
values, a probability density function which defines, for a given set of first parameters 
and second parameters, the probability that the predetermined signal model has those 
parameter values, given that the signal model is assumed to have generated the 
received set of signal values {col. 1, lines 1-67)] and processing said function with those 
values applied to derive samples of at least said first parameters from said probability 
density function (coL 1, lines 1-67). 

Since Handel et al. and Higgins et al. are analogous art because they are from 
the same field of endeavor, it would have been obvious to one of ordinary skill in the art 
at the time of invention to modify Handel et al. by incorporating the teaching of Higgins 
et al. in order to enhance speech signal for subsequent processing. 

18. Regarding claims 2, 24, and 57, Handel et al. fail to specifically disclose an 
apparatus, wherein said function generates, for a given set of received signal values, a 
probability density function which defines, for a given set of first and second 
parameters, the probability that the predetermined signal model has those parameter 
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values, given that the signal model is assumed to have generated the received set of 
signal values and wherein said processing means comprises means for drawing 
samples from said probability density function and means for determining said values of 
said first parameters that are representative of the speech from the drawn samples. 

However, Higgins et al. teach that a function generates, for a given set of 
received signal values, a probability density function which defines, for a given set of 
first and second parameters, the probability that the predetermined signal model has 
those parameter values, given that the signal model is assumed to have generated the 
received set of signal values {element 75 in figure 2B, pdfis needed before constructing 
histogram and/or referring to figure 4) and wherein said processing means comprises 
means for drawing samples from said probability density function and means for 
determining said values of said first parameters that are representative of the speech 
from the drawn samples (coA 7, lines 1-67, determining noise floor and channel 
response from the histogram before applying spectral subtraction to obtained a noise- 
suppressed speech signal). 

Since Handel et al. and Higgins et al. are analogous art because they are from 
the same field of endeavor, it would have been obvious to one of ordinary skill in the art 
at the time of invention to modify Handel et al. by incorporating the teaching of Higgins 
et al. in order to enhance speech signal for subsequent processing. 
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19. Regarding claim 66, Handel et al. further disclose an apparatus, wherein said 
second part is a moving average model and said second parameters comprise moving 
average model coefficients (col. 6, lines 1-11). 

20. Regarding claims 4-5, 26-27, and 59, An apparatus according to claim 2, wherein 
said processing means is operable to determine a histogram of said drawn samples and 
wherein said values of said first parameters are determined from said histogram (coL 7, 
lines 1-67), and wherein said processing means is operable to determine said values of 
said first parameters using a weighted sum of said drawn samples, and wherein the 
weighting is determined from said histogram {col. 7, lines 1-67). 

21 . Regarding claims 6-7 and 28-29, Handel et al. fail to disclose an apparatus, 
wherein said sampling means is operable to draw samples iteratively from said 
probability density function, and wherein said sampling means is operable to draw 
samples of both said first and second parameters. However, Higgins et al. further teach 
a sampling means is operable to draw samples iteratively from said probability density 
function (the operation of the second diagram in figure 3), and wherein said sampling 
means is operable to draw samples of both said first and second parameters (the 
operation of the second diagram in figure 3). 

Since Handel et al. and Higgins et al. are analogous art because they are from 
the same field of endeavor, it would have been obvious to one of ordinary skill in the art 
at the time of invention to further modify Handel et al. by incorporating the teaching of 
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Higgins et al. in order to remove the noise from the received speech signal to enhance 
speech signal for subsequent processing. 

22. Regarding claims 8 and 30, the modified Handel et al. fail to specifically disclose 
an apparatus, wherein said sampling means comprises a Gibbs sampler. However, a 
Gibbs sampler is well known to a person of ordinary skill in the art. The advantage of 
using a Gibbs sampler in the modified Handel et al. is facilitate the analysis of the 
receivftfepeech signal. 

23. Regarding claim 33, Handel et al. further disclose an apparatus, wherein said 
function is in terms of a set of raw speech signal values representative of speech 
generated by said source before being distorted by said transmission channel (output of 
element 32 is used to control the Kalman Filter), wherein the apparatus further 
comprises second processing means for processing the received set of signal values 
with initial estimates of said first and second parameters, to generate an estimate of the 
raw speech signal values corresponding to the received set of signal values (elements 
20, 26, and 30 in figure 1) and wherein said applying means is operable to apply said 
estimated set of raw speech signal values to said function in addition to said set of 
received signal values (element 34 in figure 1). 
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24. Regarding claims 34-35, Handel et al. further disclose an apparatus, wherein 
said second processing means comprises a simulation smoother (element 32 in figure 
1), and a Kalman filter (element 34 in figure 7). 

25. Regarding claims 36-39, Handel et al. further disclose an apparatus, wherein 
said receiving means is operable to receive a sequence of sets of signal values 
representative of a speech signal generated by a speech source as distorted by said 
transmission channel (microphone 10 in figure 1) and wherein said processing means is 
operable to obtain values of said first parameters for the speech within each set of 
signal values in said sequence (elements 20 and 30-34 in figure 7), and wherein said 
processing means is operable to use the values of said first parameters obtained during 
the processing of a preceding set of signal values as initial estimates for the values of 
said first parameters for a current set of signal values being processed (coL 6, lines 30- 
39), and wherein said sets of signal values in said sequence are non-overlapping (coL 
2, lines 56-67), and wherein said processing means comprises means for varying the 
number of parameter values used to represent the speech signal within each set of 
signal values (elements 20 and 26 in figure 1). 

26. Regarding claims 40-41 , Handel et al. further disclose an apparatus, wherein 
said first part is an auto-regressive model and said first parameters comprise auto- 
regressive model coefficients (element 18 in figure 1), and wherein said second part is a 
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moving average model and said second parameters comprise moving average model 
coefficients {col. 6, lines 1-11). 

27. Regarding claims 42-44, the modified Handel et al. fail to disclose an apparatus 
according to claim 1 , further comprising means for comparing said determined 
parameter values with pre-stored parameter values to generate a comparison result, 
with pre-stored reference models to generate a recognition result, with pre-stored 
speaker models to generate a verification result. However, the examiner takes official 
notice that parameter matching, pattern matching, and/or model matching are well 
known speech/voice recognition system. The advantage of these matching is to 
determine the an appropriate match for the input command so that subsequent action 
can be take to perform the user's command. 

28. Claims 3, 25, and 58 are rejected under 35 U.S.C. 103(a) as being unpatentable 
over Handel et al. (US 6324502) in view of Higgins et al. (US 6266633), and further in 
view of Haimi-Cohen (US 6374221). 

29. Regarding claims 3, 25, and 58, the modified Handel et al. fail to disclose an 
apparatus according to claim 2, further comprising means for evaluating said probability 
density function for the set of received signal values using one or more of said drawn 
samples or parameter values for different numbers of parameter values, to determine 
respective probabilities that the predetermined signal model has those parameter 
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values and wherein said processing means is operable to process at least some of said 
drawn samples of parameter values and said evaluated probabilities to determine said 
values of said first parameters that are representative of the speech generated by said 
source before it was distorted by said transmission channel. 

However, Haimi-Cohen teach means for evaluating said probability density 
function for the set of received signal values using one or more of said drawn samples 
or parameter values for different numbers of parameter values, to determine respective 
probabilities that the predetermined signal model has those parameter values (col. 7, 
line 32 to col. 8, line 51, the received signal is applied to a stored function to derive 
HMM, wherein each state of the HMM is represented by probabilistic distribution) and 
wherein said processing means is operable to process at least some of said drawn 
samples of parameter values and said evaluated probabilities to determine said values 
of said first parameters that are representative of the speech generated by said source 
before it was distorted by said transmission channel (col. 7, line 32 to col. 8, line 51, the 
received signal is compared with pre-stored speech models). 

Since the modified Handel et al. and Haimi-Cohen are analogous art because 
they are from the same field of endeavor, it would have been obvious to one of ordinary 
skill in the art at the time of invention to further modify Handel et al. by incorporating the 
teaching of Haimi-Cohen in order to recognize the received speech command so that 
appropriate service can be provided to the user. 
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30. Claims 9-10, 31-32, and 60 are rejected under 35 U.S.C. 103(a) as being 
unpatentable over Handel et al. (US 6324502) in view of Higgins et al. (US 6266633), 
and further in view of Boggs (US 4860360). 

31 . Regarding claims 9, 31 , and 60, Handel et al. further disclose an apparatus 
according to claim 2, wherein said processing means comprises means for analyzing at 
least some of said drawn samples of parameter values to determine a measure of the 
variance of said samples (output of Speech AR estimate 18 in figure f), but fail to 
.specifically disclose an apparatus that further comprises means for outputting a signal 
indicative of the quality of the received set of signal values in dependence upon said 
determined variance measure. However, Boggs teaches means for outputting a signal 
indicative of the quality of the received set of signal values in dependence upon said 
determined variance measure (col. 6, lines 31-37), 

Since the modified Handel et al. and Boggs are analogous art because they are 
from the same field of endeavor, it would have been obvious to one of ordinary skill in 
the art at the time of invention to further modify Handel et al. by incorporating the 
teaching of Boggs in order to indicate to the user that the quality of service was 
degraded so that appropriate action can be taken to correct the problem. 

32. Regarding claims 10 and 32, Handel et al. fail to disclose an apparatus, wherein 
said probability density function is in terms of said variance measure and wherein said 
analyzing means is operable to draw samples of said variance measure from said 
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probability density function. However, Higgins et al. further teach that the probability 
density function is in terms of said variance measure and wherein said analyzing means 
is operable to draw samples of said variance measure from said probability density 
function (coL 7, lines 1-67 and figure 4). 

Since Handel et al. and Higgins et al. are analogous art because they are from 
the same field of endeavor, it would have been obvious to one of ordinary skill in the art 
at the time of invention to further modify Handel et al. by incorporating the teaching of 
Higgins in order to perform noise suppression to enhance the signal for subsequent 
processing. 

33. Claims 20-22 and 67-69 are rejected under 35 U.S.C. 103(a) as being 
unpatentable over Handel et al. (US 6324502). 

34. Regarding claims 20-22 and 67-69, Handel et al. fail to disclose an apparatus 
according to claim 1 , further comprising means for comparing said determined 
parameter values with pre-stored parameter values to generate a comparison result, 
with pre-stored reference models to generate a recognition result, with pre-stored 
speaker models to generate a verification result. However, the examiner takes official 
notice that parameter matching, pattern matching, and/or model matching are well 
known speech/voice recognition system. The advantage of these matching is to 
determine the an appropriate match for the input command so that subsequent action 
can be take to perform the user's command. 
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Conclusion 



The prior art made of record and not relied upon is considered pertinent to 
applicant's disclosure. Rajan et al. teach a Bayesian approach to parameter estimation 
and interpolation of time-varying autoregressive processes using the Gibbs sampler that 
is considered pertinent to the claimed invention. 

Any inquiry concerning this communication or earlier communications from the 
examiner should be directed to Huyen Vo whose telephone number is 703-305-8665. 
The examiner can normally be reached on M-F, 9-5:30. 

If attempts to reach the examiner by telephone are unsuccessful, the examiner's 
supervisor, Doris To can be reached on 703-305-4827. The fax phone number for the 
organization where this application or proceeding is assigned is 703-872-9306. 

Information regarding the status of an application may be obtained from the 
Patent Application Information Retrieval (PAIR) system. Status information for 
published applications may be obtained from either Private PAIR or Public PAIR. 
Status information for unpublished applications is available through Private PAIR only. 
For more information about the PAIR system, see http://pair-direct.uspto.gov. Should 
you have questions on access to the Private PAIR system, contact the Electronic 
Business Center (EBC) at 866-217-9197 (toll-free). 

Examiner Huyen X. Vo January 7, 2005 



SUSAN MC^DOEN 
PRIMARY EXAMINER 




